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Introduction 


The purpose of Volume 1 of Practical Synthesis for Electronic 
Music is to provide practical applications of the theory of 
syt^thesfs f ^ ^rackteing u^sftil smind$ on a voltage {sort-^lled 
synthesizer. The theory itself can be found \r\ A Foundation 
for Electronic Music (published by Roland), but this is not 
essential for cdiripjmh^&idn 6f the irtEfterfal ptvse^ted here. 
Generally, terms and expressions which are not explained In 
the text can be understood from context, and/or from 
examples given later. 

Alt voltage et^ntrdlle^ sytithesfzers are basleally alfke but fttr 

the purpose of presenting experiments in the production of 
specific sounds it is necessary to relate to a specific system 
to Show control settings erKt tiieir variations. For this 
purpose we have chosen the Roland System 100M Synthesizer 
because it is small, compact, and economical, yet it is a 
modular system with all the potential of much larger 
professional systems such as the Roland System 700. 

The System 100M, being modular, can be built up into con- 
figurations to match the particular needs of each individual 
musician. The fotd-out at the back of this volume shows 
panel diagrams of many of the modules which are available. 
In this book, to make it easier to read patch diagrams, we 
Will show only those portions of the modules Whi<^ are 
actually used in each patch. For example, when we want to 
show a VCO, we will probably show only half of a Model 
112 Dual VCO Module rather than the whole module or the 
Model 110 VCO/VCF/VCA Module. Except for minor 
points, these VCO's are the same. 

In many places specific values or standards are mentioned. It 
should be remembered that these values and standards will be 
common to many other synthesizers, but not necessarily to 
all synthesizers. Most of the diagrams and settings shown in 
this book are, of course, adaptable to other synthesizers. It is 
usually only a matter of comparing the System 100M with 
the other synthesizer, particularly in regard to how much a 
control movement affects the sound. 

I wish to express grateful appreciation to my fellow workers 
at Roland without whose help and patten<» this book would 
have been impossible. 

Robin Donald Graham 
Synthesizer Project Manager 
Roland Corporation 


Osaka, Japan 
September, 1979 


Chapter One: 

The Basic Patches 


1-1 Introduction 

In etectronic Music there are three basic approaches to 
synthesizing sounds: 

1. Subtractive Synthesis 

2. Additive Synthesis 

3. Direct Synthesis 

Subtractive Synthesis is by far the most common form of 
synthesis used with the voltage controlled synthesizer. In 
subtractive synthesis we take a waveform (sound) which is 
rich in harmonics and filter it to produce sound with the 
desired harmonic content. 

Additive Synthesis Involves the controlling and rhbcihg of 
sine waves of various frequencies and amounts to produOS 
sound with the desired harmonic content. Additive synthesis 
is usedto a certain extent with voltage controlled synthesizers, 
fc>Ut tFUa additive synthesis (ihi? addition of large numbers of 
sine waves) is less common due to its complexity. 

Direct Synthesis involves the generation of waveforms using 
data Is stonsd Ih a computer memory. This form Of synfheiBtii 
is highly complex and requires extensive knowledge of higher 
mathematics and sophisticated computer programmin|. 
Nevertheless, It Is possible, to a certain extent, to ui& ihh- 
basic principle with more highly-developeri uoitaqe controlled 
synl^esizer systems. For example, instead of using a sequencer 
for generating a series of voltages representing a melodic 
pattern, these voltages could he used for controlling a VGA 
to produce complex envelope patterns not possible with 
normal envelope generators. At any rate, the subject of direct 
synthesis Is far beyond the scope of this boolc^ 

1-2 The Basic Patch for Subtractive Synthesis 

Fig. 1-1 la) shows the block diagram fOrtha basic syhth«sl2ef 

patch used in subtractive synthesis. To review how this patch 
works, the keyboard controller produces two outputs: a 
control voltage and a gate pulse. The level of the control 
voltage will correspond to the last key pressed. This control 
voltage output is most often used to control the frequency of 
a Voltage Controlled Oscillator (VCO), thus, when a key fs 
pressed, the VCO will produce the pitch which corresponds 
to that key. The output of the VCO is a waveform (sound) 
rich \n harmonics. The Voltage Controlled Filter (V©F) 'm 
used to filter and/or accent certain harmonics to give the 
final sound the desired tone color. The second output of the 
keyboaKt controller is a gate pulse whi^ Is a high level 
voltage (+10v) that appears at the GATE output whenever 
any key on the keyboard is in the depressed position. The 
gate pulse is most often used to trigger the envelope generator 
(also called ADSR for the control names) into operation. The 
control voltage output of the envelope generator "opens" 
the Volt^ Controlled Amplifier {VGA} to let the wave- 
form out so that when connected to an amplifier/speaker 
system, the synthesizer produces sound each time a key is 
pressed. 
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Fis. 1-i Q»\c Patob for St^trsctiviB Syntltesis 
(§) Block Dlssram 
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Patch Diagram (SeaatttrnBtB patch, Fig. 1-3) 
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To produce sound, raise this to "10' 



If a piano key is struck and held, the sound of the piano will 
jump up quicklv to maximum loudness, then gradually die 
away. This l0Udhess pattern is called tho eiivAlops of the 
sound (see Fig. 1-2). The time required for the sound to 
Jump up to maximum is called attack time. The time required 
the ^urid to <dla away Is callied daoay^^. II -the kev^ fs 
released before the sound has died away, the sound will be 
dampened and die away very quickly. This is called release 
time. With instalments such as etgms, U is poi^fltld to hoM 
a key down and produce sound Indefintely. This element of 
the envelope is called sustain level. Most envelope generators 
have at lea&t f&iit tbtitrQh, am f6t «Bch of tHese^f our parts of 
the envelope, but some are designed with fewer controls for 
producing simpler envelopes. 

Pressing a key on the keyboard produces a flats pulse which 
triggers the beginning of attack tlnw..When the. sound raaehas 
maximum loudness at the end of attack time, decay time 
starts and the sound will fall to the level determined by the 
SUSTAIN control. Note that if the SUSTAIN control is at 
maximum, the sound cannot fall, thus the DECAY control 
will have no effect. The sustain level will be held as long as 
the key remains depressed. Releasing the key cuts off the 
gate pulse which starts release time so that the sound dies 
away. 

Fig. 1-1 (b| shows how the basic synthesizer patch is actually 
set up on the synthesizer. Fig. 1-3 shows how the same patch 
can be set up with different modules. Note that with this 
synthesizer, as with many synthesizers, the pitch control 
voltage and gate pulse oonne^t^nS' ai!^ n^&C^ft InfCemally and 
patching them is not necessary. As shown, these patches will 
produce a clicking sound. This is because all of the envelope 
generator controls are at "0". Pressing a key triggers attack 
time which rises very quickly to maximum, after which 
decay is triggered and the sound falls very quickly to 
minimum. With the controls at "0", this rise and fall is so 
quick (on the order of a few milliseconds! } that all we hear is 
a dIMk. 


Fig. 1^2 Envelqfies 
@ Piano envelope 



® Piano snvelbpa (DBmpened) 

Key 
struck 


Key 

released 



A = Attack time 
O " Decay time 
R " Release time 
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S - Sustain level 


id) Synthesizer (Brass sound) 
Key Key 
ON , OFF 




Gate 
pulse 


ON 


1. 1 mflIlsacond.= 0.Q01 second 
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Fig. 1-3 Basic Patch Using Other Modules 

Electronicallv, this patch is exactly the same as the diagram shown in Fig. 1-1 (g). 
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To pFcidueis 
sourtd. ra^ 
this to "10". 


To produce sound, raise the SUSTAIN control to "10". 
Soften the beginning and ending of the envelope by raising 
the ATTACK and RELEASE controls to about "1". Next, 
set the VCO RANGE switch at 4'. The resulting sound is 
rather Hfee « irecorder. With this particular sound,, the VGF 
controls are set so that the VCF does not affect the sound, 
so it is effectively not being used. The same sound can be 
produced by merely connecting the output of the VCO 
directly to the VGA as shown in Fig. 1-4. 
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Fia. 1-4 Simple RECORDER 

® BToek Disgram 



Try Fig. 1-4 (b)' with tfie ATTACK and SUSTAIN controls at 

"0". and the DECAY and RELEASE controls at about "5". 
This produces a celesta-like sound. Next try the DECAY and 
RElEASi Sit a p>o1nt between "2" and "3" for a xylo^None- 

like effect. This demonstrates how merely changing the 
envelope can considerably change the character of a sound. 


Try playing a scale legatissimo with the celesta-like sound. 
UfSSt musicians who are used to play the piano or organ 
will prbbafely have a bit of trouble with thfs because in legato 
playing they tend to cling to the keys in order to produce as 
smooth a transition as possible between each notes being 
played. The result on the sytitheSfzer keyboard cohtrelfer is 
one single, long gate pulse for the entire passage. There is no 
one point where there are no keys being depressed. The first 
note will be loud wf#i the foHowinS notes fii^wlhg softer dus 
to the fading decay time. Or, with the xyIophone-ni<6 sound, 
only the first note will sound. 

There are two ways to prevent this: The first is to develoiSB 
a dfetatihed styir^of playf^S so tHSf the f\m- key has been 
released before the second key is pressed. This may prove 
quite difficult in rapid passages which are not intended to be 
played staccato. The second metho# Is ix» use the tri^er 
output of the-liEey lsoard. 

Some synthe^zer keyboard controllers produce a third 
output call^ a Irtgger pulse. The trigger pulse is a sharp, 
short pUfse whl^ occtirs^ any time the j^wyboeFd pitch 
control voltage changes. To use this to advantage we must 
keep in mind that the keyboard (in this case) has a low note 
prtorfty, which m&^n^i^at if more than one key is ddpr^ssed, 
the control voltage output will represent the value of the 
lowest key pressed. If we play a scale moving downwards and 
hold eac^ key as We press It: 


the result will be a series of trigger pulses which occur each 
time a new key is pressed because each new key represents 
the lowest key In the group. If we play a scale upwar^ds whi le 
holding all the keys: 



the result will be the production of only one trigger pulse 
because the lowest note Is held. If we release this low note, 
the release wtfl produce a trigger pulse because the pitch of 
the lowest note has changed. In actual practice, this will 
probably not make much difference. Most musicians have a 
tendency to develope a playing technique Which produces 
the desired effect. When it is desired to have the envelope 
re-triggered for each pitch played^ it will prove much easier 
to play if the GATE + TR iG mode of triggering the envelope 
generator is used. The GATE + TRIG mode is actually the 
more common mode^ with the GATE mode being used in a 
spe^al phrffltng where It Is desired not to re-trigger the 
envelope generator in a legato passage. 
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The sounds made by the above two envelopes may be made 
more percussive by using the exponential response mode of 
the VCA, In this case, the DECAY and RELEASE controls 
will have to be set a tittle higher than with the linear mode, 
as shown in Fig. 1-5 (b). 

t^3 Control of Tone Color 

To demonstrate the effect that the VCF has tone colors, 
set the basic patch shown in Fig. 1-1. Change the VCO 
waveform otittt^iut to a $^6oth wave ( Nv ) and the 
MOD IN slider which gives the VCO its pitch control voltage 
from the keyboard. Raise the VCA INITIAL GAIN control 
MQh enousih to produce sound. With Sie VGF CUTOFF 
FREO at "10" (HIGH), the VCO sawtooth wave passes 
through the VCF unchanged. If the VCF CUTOFF FREQ 
control is Slowly lowered> the upper harmonics of tl^e 
sawtooth wave will be gradually shaved off until "0" (LOW) 
is reached where all harmonics, including the fundamental, 
are filtered out. 

With most sounds, the tone color of the sound will Change 
during its production. Very often, this tone color change is 
closely related to the envelope of the sound. As an example, 
one of the factors which determines the harmonic content of 
the sound produced by a wind instrument is the intensity of 
the wind pressure exerted to produce the sound. When air 
is blown through a wind instrument, there is a slight delay as 
the wind pressure builds up before the air starts flowing 
through the instrument. This causes a delay in the entrance 
of the upper harmonics. Once the initial blast has left the bell 
of the instrument, the air flow and harmonic contem settle 
down to a relatively steady state. When the air flow Is 
stopped, there is a slight delay while the air remaining inside 
the instrument is expelled. As the pressure dies, the upper 
harmonics also die. This effect can be easily imitated by 
using the envelope generator to control the cutoff point of 
the VCF, as shown in Fig. 1-6 (a). 

With slight variations, the settings shown in Fig. 1-6 (b), are 
very commonly used in pi-oducing brass Sdunds. The V'CP 
CUTOFF FREQ control is set at its lowest point so that all 
the harmonics are filtered out of the sawtooth wave. When a 
key is pressed, the envelope generator is triggered which 
opens the VCA. At the same time, with the MOD IN control 
of the VCF at "8", the envelope control voltage from the 
envelope generator causes the VCF eutoff poTnt to sweep 
quickly upwards (attack) then quickly down (decay) to the 
level set by the SUSTAIN, control. This action causes a ye|y 
quick but large change in the haffnontc content of the sound 
at the beginning of each note played. When the key is 
released, another harmonic change takes place as the 
envelope sweeps the VGF cutoff point downwards (release). 


Fig. 1-5 Effects of the Envelope on a Sound 

(Try these envelopes with the patcih In Fig. 1-4 ®). 
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Fig. 1-6 HORN (also TRUMPET, TROMBONE, TUBA) 

<D Block DiQsram 



Patch Diagram 

vco 


VCF 


VGA 



OUT 


■OUT 


TRUMPET; 

Same as horn but VCF 

MOD IN is set at "9" and VCO 

waveform switch 9t jliJ . 

TROMBONEi 

Sameasherr) butvCF 

MOD IN Is sei at "9". 

TUBA. 

Same as horn but shift 
VCO RANGE to 32' and 
change envelope to: 



? Thj9 fasic Patehes 


The level of the SUSTAIN control will determine the 
hartnonic content of the brass KJUfids while the notes are 
held; however, this sound should be first adjusted so that the 
harmonic change which occurs at the beginning of each note 
sounds right, then the VCF MOD IN control can be adjusted 
for the desired tone color produced with sustained notes, 
The higher this control Is set, the brassier the sound will be. 

This brass sound demonstrates that the importance of such 
thiiTi^ BSi envelope control can be far greatiSf than the actual 
harfnonle content of a sound, It is the tone color changes 
Vi^ich make this particular patch sound like a brass Instru- 
ment, more than the tone color of the sawtooth wave. This 
can be proven by moving the VCF envelope MOD IN slider 
to "0" and moving the VCF CUTOFF FREQ to "10". 
Pressing a key now produGos a sawtooth wave vAlh m 
hill monic changes, which is very different from the previous 
brass sound. 

The tuba, being much larger than other brass instruments, 
produces lower pitches and Its size cau^ias the changes In air 
pressure inside it to be much slower because more air is 
required. Using the patch of Fig. 1-6 (b), a tuba-like sound 
can be pro«iuced by changing the VCO RANGE switch to 
32' and changing ATTACK, DECAY, and RELEASE to "2". 
Also, try SUSTAIN at about "6". Fig. 1-6 (b) also shows 
how other minor (^angiBfi wi ll pt&^t$iM^ Utp$ $&i3n4i. 

Try using one of the brass sounds to play a sCals ^dsage 

legato (pressing the second key before releasing the first) 
with the envelope generator switch at GATE + TRIG and 
also at 6ATE and note the diiFference in tt% phrasihg effect. 
With GATE + TRIG, the brass player seems to he taking a 
breath for each note, while with GATE, the whole passage 
saemft to be done in one breath. 

The threa sounds associated with Fig. 1-4 can be greatly 

improved by using envelope control of the VCF to produce 
harmonic changes during attack and release, as shown in Fig. 
1-7. 

The tone color of many Instmments wfH also change with 

pitch. Set the patch shown in Fig. 1-7 (recorder). Lower the 
envelope MOD IN control of the VCF and raise the VCF 
CUTOFF FREQ control to about "4". Flay a few notes at 
the very bottom of the keyboard and note that the sound 
is highly filtered so as to produce mostly the fundamental 
with the upper harrnonics being very weak, l^ext, p\if <9 few 
notes at the top of the keyboard and note that the filtering 
action is so strong that the sound can barely be heard, if at 
ail, as these higher pitches are above the frequency at the 
cutoff point of the VCF. 


Fig. 1-7 RECORDER, eEL^A/XYLOFHONE 
Block diagram same as Fig. 1-6 (a). 


RECORDER: 

VCO VCF VCA 



Next raise the VfF MOD IN slider marked KYBD (key- 
board) and ptay a fsw pitches at both «f¥ds c#the keyboard. 
Now the keyboard pitch control voltage is being used to 
control the cutoff point of the filter. This means that when 
notes are played, tf>e VCF cutoff point wilt follow the pitch 
so that the cutoff point remains the same in relation to t,h,e 
pitches. In other words, the harmonic content of the sound 
will not change, resardlass^ the plt<^ pilayed. When actually 
listening to the sounds produced, the upper pitches will seem 
brighter, with more harmonic content, but this is because of 
the characteristics of the ear. To produce sound which seems 
to retain the same harmonic content, set the VCF KYBD 
MOD IN slider at about "6" and play a scale from the 
bottom of the keyboard to the top. 


HlMl Patchy 


Fig. 1-8 shows a clarinet-like sound in which the keyboard 
€pn#Ot votia^P is adcN to ItHe f^r producing a sound 
Mffkh^ 9d9m to bti|tt>ls r m ike pWth mm«s up> 


Fig. 1-8 CLARINET (also BASS CLARINET) 



Patch DisBram 

vco 


VCF 


-»-OUT 


VCA 



OUT 


BASSCLAmNET: 

isfid fhiii6^^emiofi» ATTACK 
and RELEi<K8i#RW sitshtty 
longer. 


The VCF RESONANCE control is used for accenting the 
frequencies at the cutoff point of the filter. It can be 
considered to add a nasal quality to the sound, like that 
produced by double reed instruments. Fig. 1-9 shows the use 
of VCF resonance to produce English horn- and oboe-IIke 
sounds. The oboe sound adds a new element to the basic 
patch: the high pass filter (HPF). In this patch, it Is used to 
slightly suppress the ftjfTdamental and CFther lower harmonics 
to make the sound less full than the English horn sound. A 
higher amount of resonance is used in the bassoon patch of 
Fig. 1-10. 


® Stock Dlsgram 
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OBOE: 

Set VCF CUTOFF 
FREQUENCY 8t**6";8et 
fixed HPF switch at "1 ". 

(Fig. 2-7 FLUTE shows a 
tone color modulation 
effect which can be used to 
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Fie. 1-10 BASSOON 

® Block Diagram 



® Patch Olisraffl 

vco 




•OUT 


Pitch 
CV 




ADSR 




OUT 


Pitch CV 


I 

I Gate + Trig 


(Fig, 2-7 flute shows a tone 
color modulation effect 
which can be used to 
improve this sound.) 



The tuba sound of Ftg. t-S is also piod for dbmonffffating 

the effects of resonance. Set the synthesizer as shown using 
the tuba enuelope, and raise the VCF RESONANCE control 
to ^l^. PFessltiig! ^ Icey now f»i'<6duces a "wow" sound, a 
sound that is associated with the synthesizer. Resonance 
accents the frequencies at the cutoff point of the filter and 
due to th& enyelops control, this cutoff point sweeps up and 
down each time a key is pressed, producing the "wow" 
sound. The relatively long envelope times used with the tuba 
miiti4 mak«sfhisBffeet stronger than wiii the horn er>velope. 
Try- different pcwftions of the SUSTAIN cotltrol. 
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1-4 The Basic Patx^ for Additive Synthesis 

Fig. 1-11 shows a simplified block diagram for additive 
synthesis. The mixer is used for mixing the sine wave outputs 
of the 'm proportions desired. Since the harmonie 

content of most sountls changes often during production, the 
ideal patch would include one ADSR/VCA comhination for 
eadi VCO output. Also, mos* §©tjn^||1l^|'f«^ TlVi^i» 
itian the four sine waves shown. 


Sync 

[See ttw, p. 1 6 


VCO 


vco 


vco 


I 


vco 




OUT 


ADSR 


Gate 


Pitch CV 



Fig. 1-12 shows the above block diagram patched on the 
synthesizer. Set as shown, this patch v^ll pfoduiee sourtds 
very close to the sound of orchestral tubular chimes. The 
best sounds are produced in the approximate range between 
Ca (middle C) and Cg (one octave above middle C), 
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Fig. 1-12 CHIME (Additive Synthesis) ^CO tuning (See text): 



To tune the VCO's, set all the mixer controls at "0". VCO-1 
represents the fundamental pitch of the ehlme sound. Raise 

the VCO 1 SIG IN control of the mixer and tune VCO-1 
to the desired pitch relation with the keyboard (A above 
middle C should produce 880Hz since the VCO RANGE 
switch is at 4'). Tuning will be easier with the envelope 
generator SUSTAIN control temporarily at "10". Next, raise 
the ViCD-a slider and tune VCO-2 one octave ^ve VCO-I. 
Lower the VCO-1 control; raise the VCO-3 control and tune 
VCO-3 to a perfect fourth above . Raise the VCO-4 

and VCO-1 contfels and twne VCO^ to a mlnar sixth below 
VCO-1 ^. This sound can be improved by addin0 a fifth 
VCO tuned a perfect fourth below VCO-2. 

2. To tune: With onlv the VCO-2 control raised, press F and note the 
pitch; lower the VCO-2 control and raise the VCO-3 control; press 
C one fourth below the previous F and tune VCO-3 to the F pitch 
noted before; with both VCO-2 and VCO-3 controls raised, fine 
tune VCO-3 so as to eliminate the beat. 

3; Tawe \/e0-4 i6'#tj(t it produces the pitcH Of G Wheii We E a ilniriir 
si>cth betow is pressed. 


Fig. 1-13 shows a variation of the chime patch. The lowest 
pitch in the patch is fed to its own separate VCA, controlled 
by a second envelope generator (ADSR-2). The ATTACK 
control of this envelope generator is set at about "1", thus, 
when a key is struck, the lower pitch is slightly late in 
entering #e total sound. Also, with ADSR^I IDSCAY and 
RELEASE at "8" instead of "10", the higher pitches die out 
slightly faster than the lower pitch. The ideal patch would 
contain an ADSRA/CA combination foreadi VCO output. 


Fig. 1-13 Variation of CHIME patch 


See Fig. 1-11 
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VCO-2 /\/ ^ 
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VCA 

Internal 

signal 
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IVIIXER 



OUT 


ADSR-2 


Regardless of how perfectly the VCO's are tuned, they will 
eventually drift off-pitch, causing beat frequencies to 
appear. In some sounds, such as the chimes above, this beating 
is not undesireable but actually greatly enhances the sound; 
in other sounds, the beating would be intolerable. The VCO 
sync function can be used to lock the frequency of one or 
more VCO's to some musical interval in relation to a con- 
trolling VCO. In Fig. Ml, the controlling VCO is the 
bottEtm one. 
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Fig. 1-14 CLARINET (Additive synthesis) 
® Bloeic Diagrain 
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Fig. 1-14 shows an improved clarinet sound which is a better 
example of how the principles of additive synthesis are 
applied to volts^ ^ntfdlfed syiitheslzfir. The sawtooth 
wave { f\ ) contains all harmonics, while the square wave 
(PUI contains only the odd-numbered harmonics. When 
these at* mixed together at tfteVCF \npin, the odd-numbered 
harmonics of the square wave reinforce the odd-numbered 
harmonics in the sawtooth wave. In the total sound, the odd- 
numbered harmonics are very strong and ttie even-ntrmbei%d 
harmonics are rather weak, which agrees roughly with the 
spectrum of the clarinet shown in Fig. 1-15. This addition of 
hfirmsnics t8k«s pta bec8USB» by means df the ^nc, the 
two VQQ^s m phase tiseked at unison mith eaich othtf rv 

Since the interval used is unison, either VCO could be used 
as the controlling VCO. The sync patch cord of Fig. 1-14 (b) 
GdMld: 1^ revet^sed sd thit om: Is iii the VGO-I1 SYNC 
OUT jack and the other end in the VCO-2 SYNC IN jack. 


Fig. 1'IS Speictrom for the Clarinet 
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Chapter Two: 

Expansion of the Basic Patches 

2-1 Introduction 

As the name implies, mixers are used for mixing individual 
signals together. In the studio, the mixing console might be 
considered the htm. of ihe studl6 stnm thrs is where S\\ the 
musical parts are mixed together to form the finished master 
tape. In this book, we shall be concerned primarily with 
mixers as usedrin the^process of synthesis. 

Fig. 2-1 shows a block diagram for a synthesizer module. As 
shown, there are two input mixers, one for audio slgnfil: 
inputs and the other for control inputs. This diagram OOuN 
represent a VGA, a VCF, or, if the audio signal mixer were 
omitted, a VCO. These mixers differ from ordinary audio 
mixers in two respects: First, they are designed to handle 
both audio signals and control voltages^ ; second, and more 
important, these mixers are summing mixers. This means that 
ttw output will be the algebraic sum of the inputs at any 
given instant. For example, if the control inputs consist of 
two control voltages, one +5 volts and the other -2 volts, the 
output will be (+5} + (-2) = +3 volts. ThTs Is Important 
because manual control of the module function is derived by 
means of varying a voltage source input to the control input 
mixer, as can be seen in Fig. 2-1. In the VCF, the control 
marked "function control" would be the VCF CUTOFF 
FREQ control; in the VGA, the VGA INITIAL GAIN control; 
and in tha WCO, a combination of the PITGH and RANGE 
controls. 


Fig. 2-1 Block Diagram for Svntheslzer Module 
SIG IN 



moo IN 


1. In the case of the audio signal input mixers, the fact that they pass 
control voltages Is of little use since the modules themselves will 
not li^ss fixed vdlte^ throu^ their signal iripu^. 
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There is one major limitation to this summing proG6ss. The 
mixer can produce maximum output levels of slightly over 
10 volts (either "+" or "-"). This means that if three inputs 
of +10 volts are used, the summed output will be a IftttS ibtfef 
+10 volts rather than +30 volts. This point should be kept in 
mind because it represents a distortion of what the true 
oul|)Ut should be. With control inputs, this can usually be 
recognized easily. When the module function is driven to its 
tnaidmutn limit, a further increase of control voltage will 
have no effect on the function. With signal mixers, the result 
is distortion of the sound, which will usually be indicated by 
the red LED'slntheVCF and VGA. Distortion can be avoided 
by keeping the level controls somewhat lower than maximum 
when there are more than one or two high-level inputs. 

In the case of the VCF, if the CUTOFF FREQ control is 
raised to maximum, the result is a +10 volt control voltage 
inpUft to the VCF. Since this represents the maximum high 
for the cutoff point, it can be seen that additional control 
voltages at the control Inputs will have no effect on the 
cutoff point of the filter unless they are negative voltages. As 
another example, if the VCF produces the desired tone color, 
and \t is later decided to add a control voltage input from a 
source such as an envelope generator, the CUTOFF FREQ 
control will have to be lowered an appropriate amount to 
compensate because the actual cutoff point of the filter is 
decided by the sum of the control inputs. 
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2-2 FrequeiiG^ ModuMoii 

Modulation refers to the control of one parameter by 
another. Frequency modulation is the control of a frequen- 
cy by means of some parameter, such as a control voltage, 
as when controlling pitch with the keyboard controller. 
Another form of frequency modulation commonly used in 
synthesis is the control of frequency by means of a low 
frequency waveforrti generated by a Low Frequency 
Oscillator (LFO). Using a low frequency sine wave to 
modulate the pitch of a VCO produces a wavering of pitch 
called vibrato. 

Fig. 2-2 shows the block diagram and patch diagram for 8 
violin sound which uses vibrato. Also shovtfh are Variaffdns 
needed to produce other string instrument sounds. Try the 
violin sound with the LFO MOD IN to the VCO at "0" and 
notice that it does not sound very much like a violin at all. 
Next, lower the LFO DELAY control and raise the LFO 
MOD IN control to "2" or "3" and note the sound. Last 
raise the LFO DELAY control back Up to about "3". With 
the delayed entrance of the vibrato effect produced by the 
built-in LFO delay, the violin sound becomes very natural. 

The delay effect is triggered by the keyboard gate pulse 
rather tt»an the keyboard trigger pulse, so the delay effect 
occurs only on the first note of any passage played legato. 


Fig. 2-2 VIOLIN with Delavecl Vibrato (also VIOLA, CELLO, STRING BASS] 


Pitch CV 




VCO 


VCF 


HPF 

>■ 



>- 





Gate + Trig 




Expansion of the Basic Patches 22 
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Set HPF »Witch at ©FB-«nd 
rataaVCF RESONAlStCE 

control to "i". 
■CELLO; 

Same as viola, but set VCO 
RANGE at 16' and 
envelope: 



STRING BASS: 

Same as viola, but set VCO 

RANGE at 32' and envelope; 



tFlSi, 44 ahovw typical 
ei7iw!i2«!/sett{n,8lt lor 
improving these sounds. 


LFO's in some synthesizers do not have a built-in delay 
function. Fig. 2-3 shows how a delay function can be 
patched. Even with the built-in LFO delay, this patch is 
worth studying because it gives insights into the logic used in 
synthesizer patching. The output of the LFO is fed to the 
signs! input of a VGA. The output level of the LFO wave- 
form .p«^el through the VGA will depend on the level of the 
control voltage at the VCA control voltage input, whldh is 
derived from a second envelope generator. When a key is 
pressed, the second envelope generator is triggered, which 
"Opens" the S/CA to allow the LFO waveform to pass. 
Raising the ATTACK control will delay this opening. 


Fig. 2-3 Delayed Vibrato 
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Fig, 2-4 (a) shows how trills can be produced by using the 
square wave output of the LFO to control the pitch of the 
VCO. The KYBD TRIG switch is ON so that the square wave 
is phase locked to the keyboard gate pulse2. This means that 
whenever the beginning of a keyboard gate pulse appears, the 
LFO is forced to slart its wav(;-g[;n(!ralin(j cycle from the 
beginning point, as shown in Fig. 2-4 (b). In terms of the 
trill, this means that whenever a key is pressed, the tfiH Wttl 
always start with the upper of the two notes and the first 
note will be just as long as the other trill notes. Since the gate 
pulse triggers the function, it will occur only on the first note 
in a legato passage. 


Fig. 24 Trill 

® Patch Diagmri (Block dfajardini»«88entlsllysam» as Fig. 2-2®). 

VCO VCF VCA 



Putsa L_ 

Key Kgty 


2. KYBD TRIG = keyboard trigger. The name comes from the fact 
^at this phase-lock function \s trrggerecf by the gate pulse. 
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For tuning the trill, set the LFO at its lowest frequency 
(FREQ RANGE at "L", FREQ slider at "0"). With the LFO 
MOD IN to the VGO at '*0^', tune the \^C0 in l*»e noitnal 
way. To tune the trill to a major third, for example, strike a 
key and note the pitch. Next, strike the key which is a major 
third below the first key and raise tha LF©!M©D IN comfol 
of the VCO until the pitch matches the pitch noted before. 
Striking a key forces the LFO square wave to start over again 
at its highest point and with the FREQ RANGE switdi at 
"L", this high part of the wave should remain long enough to 
set the MOD IN level. (If not, strike the key again}. Remove 
the MOD IN patch Gord and eheck the pitch by striking the 
original key again. 

As an experiment, try a trill at a major third, then change the 
LFO OUTPUT LEVEL switch to "x1" and try the other 
LFO waveforms. 

Fig. 2-5 shows a patch in which the frequency of one VCO 
fs used to modulate (control) the frequency of a second 
VCO. The result is a very complex waveform which contains 
overtones normally not available from the output of a VCO. 
These non-harmonic overtones can be very useful for 
producing metallic clanging sounds such as those produced 
by betis and m,et«l km. 

To experiment with this iypc. of frequency modulation, 
Start by lowering to "0" the MOD IN which feeds the output 
of VCO-2 t6 VCO-1 (Fig. 2-5). Tune VCO-1 to the desired 
pitch relation with the keyboard. Raise the VCO-2 SIG IN 
to the VCA and tune VCO-2 to unison with VCO-1, then 
return the control to "0". Next, while tapping a key near the 
center of the keyboard, slowly raise the VCO-1 MOD IN 
control and note the changes which take place. Above level 
"7", raise the centrol very slowly because the changes occur 
extremely rapidly. The most important point to note is that 
the apparent pitch of the sound does not remain stable but 
rises as the MOD IN control is raised. Starting with the 
MOD IN control at "0" again, play a short five-finger scale 
passage over and over while slowly raising the MOD IN 
contrdl. Note that although the tuning changes, tha overall 
pitch relations between the notes remain more or less correct. 
Try this experiment again with both VCO's set at 2' and note 
^at the pitch relations will sometimes be different, especially 
if played in the higher range of the keyboard, This change in 
tiiiniTig should be kept in mind if it is desired to use this type 
of afrao^ement to pl^y meloslles. 

Tuning may best be accomplished by first ignoring the 

tuning and concentrating on producing the desired sound. 
Once the desired sound is found, it is simply a matter of 
d^etermfnlng wfhat the tuning discrepancy Is and cdrreetlhTg 

it. For example, if the desired sound produces pitches a 
minor third higher than the correct pitches, tune the VCO's 
a minor thrrtl tower than normal. VGO-1 may be tuned' by 
removing the patch cord to its MOD IN jack. In this way, 
the delicate setting of the MOD IN slider will not have to be 
altered. 
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Ftg. 2-5 Frequency Modulation (by VCO> 
<g) Block Dlaigram 
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The most obvious variations on this particular sound would 
be to try different VCO waveforms and tuning the VCO's 
to intervals other than unison. Another variation would be 
to leave the VCO-2 SIG IN to the VGA raised. A VCF 
could also be used to alter the tone color. 


One "practical" appHcatidn of the synthesizer is to use it to 
whistle for dbg, usifig tfiet envelopfe ^enetator to eontrel 
the pitch of the VCO (Fig. 2-6). Only the ATTACK cQntiiQl 
is raised so that when a l<ey is struck, the output rises 
qureklv to maxtmum, then *nnstantly'' dreps bacfc to zero. 
The VCO pitch follows this pattern to produce the whistle. 
An interesting variation of this is the "wolf whistle". Press a 
key new the cemer of the keyboaitl. Mext c)«l^ly raise 
the DECAY TIME control to about "2" and press the same 
key again, holding it down until the sound stops. 
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Tone Color Modulation 

Two of the most common forrm of tone color modulation 
were discussed in Chapter One: Pitch control of tone color 
and erwelope control of tone color. In many types of sound, 
the %QnB color will waver at the vibrato rate of the sound. 
This effect can be easily produced by using the output of |he 
LFO to control the cutoff point of the VCF, as shown vi^#i 
the flute and piccolo sounds of Fig, 2-7. 
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LFO modulation of the VCF cutoff point is called growl, 
although .this term is more dft&h assddated with the effect 
produced by exaggerated LFO control of tone color. This 
effect can be heard with the flute/piccolo patch of Fig. 2-7 
by raising the LF© FREQ slider to "10" and changing the 
LF0 OUTPUT tEVtU switch to 'W. 

Fig. 2-8 shows a clarinet sound which uses a second VCO to 
modulate the cutoff point of a VCF. Tune VCO-1 to the 
desired pitch relation with th© keyboard. Raise the VCO-2 
SIG IN to VCF-1 and tune VCO-2 two octaves and a perfect 
fifth above VCO-1 before inserting the sync patch cord 

bemsi&n m '^O'i. it hmwt to mifik vco-2 raimge 

switch to B', tune to a perfect fifth aboye VCQ-l.then return 
the RANGE switch to 8'. After tuninfi/fnser^ the sync patch 
cord. When a Icey is pressed, the VGI^-I ctttotf p^int ffeies «<s 
a level determined by the envelope :eoiltrc>J 6f the 'CUl5p.ff 
point. The VCO-2 MOD IN to VCF-1 i^OSeg tf^e CUtcjff point 
to waver very rapidly abo«» ahd below this level, adding 
harmonics which were not present irt the original VCO-1 
square wave. 


Fffl. 24 CLAWiNET^yGF Moduistf^nvby VCO) 
<D Block Diagram 


Sync 



*-OUT 


(Tune VCO-2 before Inserting 
sync patch cordj 
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Another form of tone color modulation can be produced 

with the VCO pulse wave (D I) output. Fig. 2-9 shows 

how the ¥COi souars wave and putse wave are generated. In 
{a), the sawtooth wave of the oscillator is passed through 
the square/pulse wave shaper. The shape of the output wave 
Will depend on the level of the cafrttrol Vblt^ Irt^ftd the 
wave shaper. When the level is 0 volts, the wave is square 
as shown In (b). When the control input is +10 volts, the 
wave is a pulse wave with a 10% duty cycle, which .means 
that the waveform is high ("on") 10% of the time and 'low 
{"off") 90% of the time. If the total control voltage fnput is 
more than slightly over +10 v&lts as' shown In (e), the pulse 
wave will be over- modulated and there will be no square/ 
pulse wave output. 

The English horn sound of Fig. 1-9 uses the MANUAL con- 
trol to generate a pulse wave with TOSfe'du^y W^I»Vpro.duc- 
Ing its nasal double reed sound. 
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Fi0. l2-9 St}t«ra and PtJi^ Viisi^ 
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Fig. 2-10 shows a bowed string bass sound which uses the 
envelope generator to modulate (change) the pulse wave 
during the progression of each note played. While holding 
down a key, try raising the VCO EXT P.W. MOD control 
to "10" and note that the pulse width becomes so narrow 
that the sound almost completely ceases. If the MANUAL 
control is now raised to only about "1" or "2", the pulse 
Wave win be over-modulated and sound will cease. Compare 
the differences in the string bass SOUnd with, the EXT P.W. 
MOD control at "0" and at "4". 
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Fig. 2-10 BOWED STRING BASS 
® BiaetcBfasfam 
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Fig. 2-11 shows a string ensemble sound which uses LFO 
modulation of pulse width to produce an ensemble or 
chorus ("gmup") sdtindi Tfy this smnd first with only 
VCO-1. When trying both VCO's, tune the VCO's with the 
VCO-1 EXT P.W. MOD control at "0". The sound is greatly 
enhanced if the VCO'S m iMSt out of tune eriot^i to^ 
produce a beat with about the same frequency as Is often 
used for vibrato effects. 
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Ff9. Z-1t STRING ENSEMBLE 
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Amplitude Modulation 

The control of a VGA by an envelope generator is by far the 
most common form of amplitude modulation found in 
electronic music. Less common is the use' of a. low frequency 
sine wave to control a VGA to produce a wavering of loud- 
ness called tremolo. Tremolo, growl, and vibrato are all 
:ci;€i«e]y related; indeed, tremolo Is sometimes considered 
a special form of vibrato. 

Fig. 2-12 shows block and patch diagrams for demonstrating 
how tremolo effects are produced. Start with the VGA 
INITIAL GAIN and the LFO IVIOD IN to the VGA at "0". 
Slowly raise the LFO MOD IN control and notice the effect 
on the sound. Technically, VCA'*s are known as iS-quadrant 
multipliers which means that they are sensitive to control in- 
puts above zero, but not below. Fig. 2-13 (a) shows that the 
LFO sine wave output varies above and below the zero tine. 
Since the VGA is sensitive only to levels above zero, the 
VGA vviil "open" only half of the time. Lower the MOD IN 
to the VGA and raise the VGA INITIAL GAIN control to 
about "5". This has the effect of inputting a fixed control 
voltage of approximately +5 volts to the VGA control input 
mlXKf, and the VGA may be thought of as half "open". In 
this condition, if the MOD IN control is raised, the upward 
and downward swings of the LFO sine wave will be added to 
the -f'B v©lt leyel so that the swings no longer go intto the 
negative control region. The result is tremolo, a wavering In 
the loudness of the output sound. Using this arrangement 
requll^s the use ot two VCA*^: One for tfiiB tremolo, and 
second one for the envelope control. Fig. 2-14 shows how 
tremolo can be added to a patch. 


Fig. 2-12 Tremolo experiment 
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Fig. 2-13 Tremolo Waveforms 
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2-5 The Ring Modulator 

The ring modulator is a circuit which falls in the same class as 
the VCA. Technically, it is known as a balanced modulator 
or a 4-quadrant multiplier which means that it is sensitive to 
both positive and negative swings of the control input. Fig, 
2-15 shows the type of Dvsft/efbrm produced by the ting 
modulator. Notice that for negative swings of the control 
input, the output signal reverses in phase so that it is inverted. 
This ts orie of the reiisons for the metallic ctafiglhg sounds 
usually associated with the ring modulator. For all practical 
purposes, the "X" and "Y" inputs may be considered the 
same. Reversing the Input connections to the ring miocktlator 
will mske no difference In tiie sound. 

Fig. 2-16 shows how to use the ring modulator to piodLicc 
metallic glockenspiel-like sounds. The VCO's may be tuned 
by first temporarily connecting tfieir outputs directly to the 
VCA inputs. Note that the sound proclucocl by the ring 
modulator in this patch is one octave below the sound 
produced when VGO^t is eonne©ted directly to the VCA. 
The reason for this is that the output of the ring modulator is 
a compound of the sum and difference of the input frequen- 
cies; the input fret^uencies thernselws do not appe^ar at the 
output. As an example, '$$»JW(6 that when a key is struck, 
VCO-1 produces the freqysriey of 880Hz. If VCO-2 is tuned 
to a beat-free perfect fifth above VCO-1, its fraquency will 
be 1320Hz (the ratio of pitches in a perfect fifth is 1 :1.5; 1.5 
X 880 = 1320). Thci output of the ring modulator will be a 
compound of 2200Hz {sum: 880 + 1320) and 440Hz 
(difference: 1320 - 880). The lower of these two frequencies 
we hear as the fundamental pitch of the sound. The upper 
frequency becomes a strong overtone, in this case the fifth 
harmonic (2200 ^ 440 = 5), which would be equivalent to 
C# two octaves and a major third above the fundamental 
pitch. 

Tap on a key and slowly turn the VCO-2 PITCH control in 
one direction or the other. Note that both the tone color and 
pitch change. This is because changing the frequency of one 
VCO will change both the sum and difference frequencies 
which appear at the output of the ring modulator. 

It can easily be seen that it would be possible to tune the 
VCO's such that pressing A above middle C would produces 
difference frequency of 440Hz, for example, and a sum 
frequency which could be any desired overtone, a\ipaf 
harmonic or non-harmonic. The possibilities become even 
wider if the original VCO pitches are fed directly to the VCA 
in addition to the ring modulator output. 


Fig.2-1& f^lng Modulator Vl^VEfern^ 
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Fig. 2-1B GLOCKENSPIEL 
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Try the patch of Fig. 2-16 with VCO-2 tuned a minor third 
above VCO-1^. In this case, the apparent pitch of the sound 
has moved down more than two octaves. If pmd^s 
880Hz when a key is struck, VCO-2 will produce 1046.5Hz 
(the ratio of frequencies in a minor third is 1:1.18921; 
1.18921 X 880 = 1048:.S|. The sum fraquentSif is t926.iHz 
(1046.5 + 880) and the difference frequency is WQMHi 
(1046.5 - 880). Neither of these frequencies fall wilaWthe 
same scale system as the original: Input ^ItdieSi Tfne tipper of 
these frequencies is not an even multiple of the lower 
frequency, thus it is a non-harmonic overtone of the funda- 
mental pitch of the sounci aRd liis ■ som'&w^ore: bfttwa:^ 
eleventh and twelfth harmofiicof the fUR^meW^l Siltdl. 

At this point, if the output of VCO-1 is fed to the VGA in 
addition to the ring modulator output, the sound will regain 
the correct pitch relation with the keyboard because the level 
of the ring modulator output is slirihtly less than that of 
the VCO. The difference frequency becomes a non- 
harmonic frequency which lies slightly over two octaves and 
a major third below the fundamental, and the sum frequency 
becomes a non-harmonic overtone somewhere between the 
second and third harmonic of the VCO-I pitch. 

In the above example, if it Is dfiislfed to use only the ring 
modulator output, it is, possible to tune the VCO's so that 
the ring modulator produces the correct pitch relations by 
first setting up the sound as shown and then finding what the 
tuning discrepancy Is and correcting it. First, tune VCO-1 in 
the normal manner so It produces the desired pitches in 
relation to the keyboard; then tune VCO-2 to a minor third 
^bovB. Next, using only the ring modulator output iconiuec- 
tions to the VGA, determine which key on the keyboard 
produces the pitch of 4. In this example, the nearest key will 
be the D key. Disregarding pitch shifts of more than one 
octave, we can iMhk of the ring modulator pitch as being 
approximatly fli fifth too low. Next, with only the VCO-1 
output conmmii to the VCA, tune VCO-1 so that it 
produces pitdhes approximately a fffth too high. Do this by 
striking an E and tuning VCO-1 to the pitch of A {A ]s a 
fifth above £). Re-tune VCO-2 so that it is a minor third 
above^the new VCO-1 pftifh. Re-connect the ring modulator 
to the VGA and check the pitch produced when A is struck. 
If the original discrepancy was not an exact musical interval, 
ft wti'l" be necessary to touch up the tuning slightly. Try 
changing either one or the other PITCH control sllghtiy to 
bring the sound Into perfect tune. 

Fig. 2-17 shows a patch in which the outputs of both VCO's 
are mixed with the ring modulator output to pfiadtroe a bell- 
like sound. In this patch, VCO-1 is first tuned to the desired 
pitch relation with the keyboard. Set the VCO-2 RANGE 
switch at 8* and tune to a mihorf^iird above VCO-1, 

then return the RANGE switch to 4'. Try the sound of the 
ring modulator alone first, then add VCO-1, then VCO-2. 
Also try different settings of the VCO Rjflsf^St fii^&ffthes. 

3. First press A and tune VCO-1 to unison with a test pitch or tuning 
fork. Next, press Fii a minor third below and tune VCO-2 to 
unison with the test pitch. Now when A is pressed, VCO-1 will be 
at unison with the test pitch and VCO-2 wifl be a minor third 
above. 


CALCULATING RING MODULATOR INPUT FREQUENCIES 

Musicians with access to a frequency counter and an inclination 

tcexp^rimsnt wilt find ^efoltowing tfflifut. 

The iCHi^ut of the rthg modotator consist* 0f the sum and 
d!:ffte*fl6e*f the t«p Input frftgtMWK^^ Thfi plloh of the sound 
produoed m\t mm fo W that of ihe iowsr or difference 
f*Bqttwcy while the i^per or ui^m freguisiriw win seem to. be 
that of g (i§Kn1naitl^ig, ovof^i;^. M v«9! eB|t!4me th» 4\f^m%ca or 
frttch ifsmmm b« ^? 4^0HiE of A mfm middle C, the 
inpuf :fr9{Tmnei» h«l»^ry m ItredUt:^ ahy given sum or 
overtfitne freiciuanev may be calculsttd mm 

.„ _ sum +AAO , ._ _ sum - 440 

Ini ;and In2 = ^ 

EXAMPLE: 

We want the sum frequency to be the ninth harmonic which, 
for 440H2, would be 3960Hz (9 x 440 = 3960); therefore: 

In, =3960^,2200^^. 

and; 

in,= 396Q^-'^^° =17gOHz. 

When the A above middle C on ths liWflsoard t« struck, one 
VCO should produce a -frequency of S^H?: and the second 
VCO should produqe s. frwiMftncii^ ©f iWiHz^ The ^parent 
pitch of the 80Bnd%ill be 44©W2'fWlthi 8 harmonic of 3960H2. 
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Fig. 2-17 BEU 
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If waveforms other than sine waves or triangle waves are 
used, the spectrum of the ring modulator output becomes 
extremely complex. For exampte, if we use'sawteoth waves^ 
each of the harmonics of one wave will interact with each 
harmonic of the other sawtooth wave to produce sum and 
difference frequencies. In other wdrds^ the. fuTidarWental of 
VCO-1 would interact and produce sum and difference 
frequencies for each of the harmonics of the VCO-2 saw- 
tooth wave. The second harmonic would do the same, and so 
on. The result would be a conglomeration of muddled 
harmonics which may or may not prove rather useless 
musically. The square and pulse waves would produce similar 
results because they are also rich in harmonics. The harmonics 
fn the triiangle wave are low enough that the effect is similar 
to using sine waves. The presence of these low intensity 
harmonics often adds to the quality of the sound. Fig. 2-18 
shows how to use VCF's to filter triangle waves to obtain 
sine waves. The sound Is very similar to that of Fig. 2-17. 
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Fig. 2-18 BELL Uiing Sin« 
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Fig. 2-19 shows how to use the ring modulator to produce a 
very effective bowed tremolo string sound. The LFO 
ffWEtueney deterMfhes the tremolo rate, th* LFO KYBD 
TRIG switch insures that the tremolo wil! start each time a 

l<ev is pressed. 

To analyze this sound, assume that the VCO frequency is 
880WZ 6R(iH*iB LFO ffequency 6Mz. The output of the r'm 
modulator will be a compound of 886Hz (880 + 6) and 
874Hz (880 - 6). Since the LFO frequency is low, the sum 
and dlffefence f requeiicic^ £ire veiV clo$« t6 each dfhier and 
we may think of them as being equally pitched above and 
below the 880Hz VCO output. The apparent pitch of the 
sound, then, seems to be centered bsturasn the sum and 
difference frequencies at 880Hz. If the sum and difference 
frequencies happened to be farther apart, 500Hz above and 
below, for example, the pitch fnteivals above and below 
would not be equal. The sum frequency of 1380Hz (880 + 
500) would be approximately a minor sixth above and the 
f difference frequency of 380Hz (880 — 500} would be 

slightly over one octave below. 
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Fig, 2-19 VIOLIN, Bowed Tremolo 
(D Block Diagram 


vco 


Pitch 
cv 


Patch Diagram 
VCO 


E E ft 


9 A V 

I— «J«_J 

r- 

I Pitch cv 

I 

I 

ir" 

II 

1 1 


VCF 


LFO 


Gate + Trig 



VCF 


S0 


-u- 


'Ills 

s, 


RING 


ADSR 

IT" 


RING 


rWI 110, 

Mm 


LFO 


I only) 

1 
I 


•an •DM ML. 


ADSR 


Gate +Ttlt 



VGA 


OUT 


VGA 



-OUT 


Chapter Three: 

Advanced Synthesis 


3-1 Mixers and Pbcdd Vol^ige Smircm 

In Fig, 3-1, part (a) showsan«xample of a mixer as used in a 
synthesizer and (b) shows multiple jacks. The functions of 
these Wo sm ej^actiy #p^j}sft)B; Mii^H are us^ f 6r cottibinlng 
various audiosignals and/or control voltages, whereas multiple 
jacks are used for dividing a source signal or control voltage 
so that itcan feed severil Ii^u"^ sirfiultaneou^ty. Themu/fy'pfe 
jacks cannot be used in place of a mixer. If two outputs are 
connected to the same multiple jaci< set, the result will be 
what is effBetivsly a short circuit to both outputs which 

The outputs of the mixers shown in Fig. 3-1 (a) will represent 
the algebraic sum of the inputs at any given instant. These 
mixers provide two outputs: normal and inverted. The 
inverted output merely changes the sign of the summed 
output voltage. For example, if at a given instant the normal 
output is +3 volts, the inverted output will be —3 volts. Or, 
if the normal output is —5 volts, the inverted output will be 
+5 volts. In many situations, this inverting function can be 
quite convenient and Important 


Fig. 3-1 Mixers and Multiple Jacks 
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Often, when mixing audio signals, it will not matter whether 
the normal or inverted output is used, but in some cases it 
may be imporfant sfhee signals which are similar but <)f op- 
posite phase (inverted) will tend to cancel each other. Fig. 3-2 
demonstrates this. In this case the mixer in (a) is merely 
acting as a source of Isoth inverted and normsi versions of the 
same waveform and the mixing is done at the VGA input. 
Start with the VGA SIG IN controls at "0". First raise one 
of them to "5". Next, sfowly raise the other ievel and note 
the decrease in loudness. At some point near "5", the two 
input levels will be the same and the signals will cancel each 
a&itit, if the level \$ further raised, the sound witl reappear 
becau^ the levels At? no tonser l^e same. 

Try the above experiment using the same mixer output, 
either inverted or normal, as shown in Fig. 3-2 (b). Raise one 
of the VCA> B\Q IN sllttet^ to liaise the ether slidftr and 
notice how the sound becomes louder. This is because the 
two signals are in phase with each other so that the voltages 
at any given Instant are added together. 


Fig, 3-2 Adding Waveforms 

(a) Cancellation of Out of Phase Waveforms 
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The mixers shown in Fig. 3-1 incorporate built-in voltage 
sources which are useful when it is necessary to bias some 
i\Sm\ or control volisgfi; &liis refers to the adidltiiotni of a 
fixed value to a signal or control voltage. The "function 
control" of Fig. 2-1 can be thought of as merely biasing the 
modills funtitioti^ sf sonie lev^l ii^f wHTdv cohtfbl Inpui^!^ 
used to alter that function level. In the tremolo example of 
Fig. 2-12, for example, the VGA INITIAL GAIN control 
biases the VGA so that when added to the LFO input, the 
result is tremolo. 

Fig. 3-3 shows how to use a voltage source for biasing the 
output of an LFO so that tremolo can be added to a sound 
without the need for a second VGA. With the "-lOv" 
mixer level control at "0", set the VGA MOD IN level for the 
LFO to the approximate depth of tremolo desired while 
holding a Icey on the keyboard down. Next, raise the "-lOv" 
mixer level until the tremolo effect disappears when a key is 
not being held down. This should happen near "5". With the 
level at "5", a voltage of about —5 volts is added to the LFO 
waveform. This pushes the zero line of the LFO sine wave 
down to —5 volts, 8 level Ibw enough to keep the LFO sine 
wave from "opening" the VGA when a key is not depressed. 
When a key is depressed, the output of the envelope generator 
Is added to the VGA's control inputs so that the LFO sine 
wave is now above the zero. The output of the VGA is 
^aped by both the envelope and the LFO wave simulta- 
neously. 
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Fig. 3-4 shows how to use this principle of baising to provide 
a rapidly repeating trigger to imitate a playing technique 
sometfrrfes use^ with bimjo or xylD^hoTte. As m 
experiment, start with all the mixer controls at "0". Raise 
the LFO input to "5" and note that the LFO square wave 
ndw passes #rdugh the mfxei^ to trf^er the siwefotse 
generator. Next, raise the "— lOv" level to "5". This biases 
the LFO square wave into the negative region, thus the enve- 
lope gemratOF Is no longer triggered. Last, raise the gate pulse 
input level to "5". Now when a key is pressed, the envelope 
generator is triggered and continues to be triggered as long as 

m key it deposed. With the "^tOe" slides- at "S", this 

represents an input of approximately —5 volts to the n-iixer. 
With the gate pulse input slider at "5", the -i-lO volt gate 
pulse become approximately +5 volts, and when the gate 
pulse appears, it cancels the fixed —5 volt level. In this 
configuration, the mixer is being used as a gate which turns 
some functfon mi or off {in this case, the LFO triggering of 
the envelope generator) as the result of an external pulse or 
voltage (in this case, the gate pulse). 

With the LFO KYBD TRIG switch ON, the square wave 
output of the LFO Is phase locked to the keyboard gate 

pulse to ensure that soimd will be produced as soon as a key 
is pressed. To demonstrate this, Move the LFO FREQ 
control down to "0" and the FREQ RANGE switch to "M" 
or "L". Tap a few keys. Try this again with the LFO KYBD 
TRIG switch OFF. 
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Fia. 3-4 BAPidO (Refiieatip^ TtiiMBir) 
(S) Block Diagram 
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The remainder of this section on mixers will be concerned 
with the invert function. Fig. 3-5 shows how to produce an 
effect sometimes called glide where each note played Is 
preceded by a "slide" upwards from some predetermined 
lower pitch. This is particularly effective with human 
generated Sdufi^ such as imitations of the human votiee or 
whistling. The ou^ut of ADSR-2 is a short pulse which 
jumps up to +10 volts when a key is pressed. Inverting this 
makes It a —10 volts pulse which, when controlling a VCO, 
causes the VCO pitch to jump quickly down, then slide back 
up to its normal pitch. The DECAY TIME of ADSR-2 
determines the emount of time required ferUhe'^ glide, whfle 
the VCO MOD IN level from the inverter determines the 
starting pitch of the glide. The patch of Fig. 3-6 is exactly 
the same as Fi€|, 3^5 with the mo6pt\m that the Internal 
inverter of the; envelope generator Is used instead of an 
external inverter. 
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Fig. 3-6 WHISTLING 

This patch Is sssentiatty the ssme ss Fig. 3-5. 
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Fig. 3-7 shows how to use thi; above principle as a hL'tt(;r way 
to produce delayed vibrato effects in those synthesizers with 
LFOs whiieh do not include the delayed output. Since the 

VCA-2 INITIAL GAIN cnnhol is at "10", !he VCO receives 
the LFO sine wave continuously. Pressing a key triggers the 
envelope trenerator'. Sine® the inverted output of ADSR-2 is 
being used, a negative pulse occurs which counteracts the 
VCA INITIAL GAIN control and "closes" the VGA. The 
DECAY control determines the time required for the ADSR-2 
voltage to rise to zero again, "opening" the VCA ato » 
delay. 


Fig. 3-7 Deleyed Vibrato (Improved! 
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In the patch of Fig, 2-4 where the square wave output of the 
LFO is used to generate trills, the use of the LFO KYBD 
TRIG function anises the trills to start dft the upper of the 
two pitches. If the square wave is inverted as shown in Fig. 
3i8, the result will be a trill which starts on the lower pitch. 
FiBi m shorn hm to mske the tt^itl sound a Httle more 
natural by using the inverted envelope generator output to 
control the frequency of the LFO. When the inverted 
envelope jumps down to its negate vafue, tf»e Ic^uency of 
the LFO falls. As the inverted envelope rises, the frequency 
of the trills will increase. This imitates the style of playing 
where the first two &r "tfiree notes of a long trIH are slower 
than the remaining notps. 


Fl0. 34 Trill (Improved) 
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Fig. 3-9 Hmral Trill 
<S) Block Diagram 
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3-2 The Sample and Hold 

The sample and hold (S&H, or S/H) can be used to produce 
random or patterned sequences of control voltage. Fig. 3-10 
shows a patpti for produeinflflfiUliO^ p»tt#ms. 


Fig, 3-10 Sample and Hold Patch (Arpeggio-like Patterns) 
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Fig. 3-1 1 shows how the sample and hold works. At the left, 
the clock circuit generates short, sharp pulses at regular 
intervals which are used to control the gate. Bat^ doek pulse 
opens the gate for an instant, thus allowing the hold circuit 
to "see" what the voltage level of the waveform is at that 
particular Instant. The hold circuit "sees" this voltage and 
"remembers" it until the next time the gate opens. The clock 
circuit also generates a square wave of the same frequency as 
the gate pulses so ^at other synthesizer elements can be 
triggered in synchronization with the timed voltage samptes. 


Fig. 3-11 Sample and t^old Black Diagram 
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Fig. 3-12 shows more clearly the relations between the 
different Waveforms in the sample and hold circuit. Also 
shown is the musical representation of the pattern produced 
if the sample and hold output is used to control the pitch of 
a VCO. The actual frequencies of these pitches will depend 
on the voltage levels at the time each sample is taken and, 
more often than not, theai will not fall within conventional 
musical scale systems, this Is not a disadvantage, however, as 
the resulting sound pattern can add beautiful tonal effects 
and coloring to music built on a conventional scale. By 
changing the frequency of the input waveform and/or the 
rate at which the samples are taken (CLOCK RATE control), 
the patterns may be varied. Fig. 3-13 shows a few possibilities. 

Almost all keyboard controilers used with synthesizers 
contain a bulltin sample and hold cimuit. Tha keyboard gate 
pulse is used as the clock and the sample input is the voltage 
generated by pressing a key. Each time a key. is pressed, the 
sampte artd hold gate opens so that the hold circuit will 
"sbb" the voltage level of the key being pressed. When the 
key is released, the voltage level returns to zero, but the hold 
circuit holds the level It pravloucly "saw'' until a new key Is 
pressed and the gate opens again. 


FiB.3-12 Sample and Hold Waveforms 
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Fig. 3-13 Sample and Hold Ps^nu 

Below are a few of the patterns possible when sampling the LFO sawtooth wave. 


® 


Sampled 
Waveform 



Sampled 
Waveform 



S/H Clock 


S/H Clock 


Gate 
Output 


1 


Gate 
Ou'^ut 


-r T— -1 


cv 

Output 



cv 

Output 


Melodic 
Pattern 



~0 


Sampled 
Waveform 



Sampled 
Waveform 



S/N Cloetc 


sm Clock 


Gate 
Output 


■ ■ ' 


Gate 
Output 



cv 

Output 


Melodic 
Pattern 



CV 

Output 


Melodic 
Pattern 



^ Advanced Synthesis 


Portamento acts like a low pgss filter on the keyboard 
v6ttages changes. When it is used, the keyboard cbntrol 
voltage output will slide from one level to the next when 
different pitches are played. The sample and hold LAG TIME 
control has a simitaf e#eGt ©ft the imp\& find hold control 
voltage oui^aut, as shown in Fig. 3-14. 


Fie. 3^14 Sampiial^ctHold Output Lag 
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3-3 The Moise Generator 

The noise generator is generally used for effect sounds such 
as wind, surf, and whistling,, or pon-pitphed sounds such as 
the wood bteck sound of >fg. 3-TB. Since VCF resonance 
accents the band of frequencies around the cutoff point of 
the filter, it is possible to play melodies by using the keyboard 
pitch control voltage to control the eutaff point of the filter. 
This may be done by raising the VCF KYBD MOD IN 
control to "10" in Fig. 3-15. Adding this voltage to the VCF 
cutoff point misira the CLftoff point too much, so this must ta? 
corrected by lowering the CUTOFF FREQ rontrol to "2" Of 
"3". Now melodies can be played. 
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Fig. 3-15 VVOODBLOCIC5fNQj%eGer)er3«3r) 
® Block DiBSram 
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Since noise is a random combination of all frequencies, the 
sample and hold may be used to sample the noise waveform 
for prcfdocfng rartdem voltap pfittams. fn Figi 3-1©; rantlorh 
pitches may be produced by simply changing the sample and 
hold input selector switch from the LFO position to the 
fstOfSE pc^mdrri. Iih Rjgi. 3^16, riofse h used to predueft 
random and rapid changes in tone color when sustained 
pitches are played. If the optional patch cord is used, each 
note played will be of a different tone eotor because the key- 
board gate pulse is used as the clock to trigger the sample and 
hold function. Fig, 3-17 shows how to use the output of an 
enveldipe pnerator so thjat the sdrtf pte cihd htJid: fAoUk c&h &9 
triggered with the keyboard GATE + TRIG output. With atl 
the control at "0", the output will be a quick sharp pulse 
whenever a gate or trigger pulse appears at the input. This 
short pulse is enough to act as a clock putse for the sample 
and hold. 


Pig. 3-16 Random Tone Color Modulstton 
@ Block Diagram 
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Fifl. 3-17 Gate + Trifl fo*' Satrtplil flfifl Htilid Ctoelf Input. 
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EXT clock in Jack. 
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Surf may be produced by using the rushing sound of pink 
noise, as sliown in Fig. 3-20. With surf, the roll of the waves 
should be a nttl« wi&m regular than the chaniging pmerm of 
wEftd; thefefore, the LFO sine wave output is used as the 
tMffiJc source of control. The frequency of the LFO, however, 
il e(!jhtt^ll«d by the random tttfEpur@riifig s^^le Slg hetd 
so that the pattern of waves does not become too regular. 
Fig. 3-21 shows a stereo surf patch. 


Fig. 3-20 SURF 
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3-4 The Gate Delay and Pulse Shaper 

In the System 100M, the gate delay portion of the Model 
172 module (Fig. 3-22) provides both gate delay and pulse 
shaper functions. The gate delay function is used when it is 
desired to delay a pulse and/or to change the length of the 
pulse "on" time. Tttetsut^ Shaptet'is usfeSI Whef« rt% neceisat^V 
to take a rough pulse such as might be recorded on tape and 
reshape it into a form more useful in the synthesizer. 

Fig. 3-23 shows how the gate delay function can be used to 
help produce' «, Wolf whistle. The gate' pulse from the 
keyboard triggers the first half of the whistle and the delayed 
output from the gate delay triggers the second half. Fig. 3-24 
(a) shows the waveforms for the gate deltiy. The DELAY 
TIME control determines how much time will elapse between 
the start of the input pulse and the start of the output 
pulse. The GATE TIME control determines the length of the 
output pulse. 


Fig. 3-22 Gate Delay Portlern of ^Moci9) l^fl^odals 
(Complete module !thown In Fig. 4^) 
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Fig. 3-23 WOLF WHISTLE (Gate Delay) 
(D Block Diagram 
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vco 


Patch Diagram 
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Sometimes It ts deslrabre to synchronize some dievice such 

as an analog sequencer (discussed later) by triggering it from 
pulses recorded on tape. Because of the nature of the 
raGordlng medium, !t is possible to record only very short 
clicl<s on tape to act as trigger pulses. The pulse shaper 
function lengthens these pulses so that they are more useful. 
Also, the output level of a tape recorder fs usuallv quite low 
in comparison with normal synthesizer levels. The input of 
the gate delay has an amplifier stage which brings this level 
up to where it will trigger the gate delay. TheTHl^ESHOLD 
control determines the level of input which will trigger the 
gate delay. Normally, set the THREHOLD control at "10", 
then turn it slowly down towards "0" white inputting pulses 
from the tape. There will be a place where the gate delay is 
triggered for each input pulse. Above this setting, the gate 
delay will not \m triggered and b&towfhis the gate delay may 
be triggered by random tape noise. The GATE TIME control 
should be set somewhere above "0", since at "0" the gate 
pulse may I* too Short to be noticed. The DELAY TIME 
control should, of course, be set at "0" unless a delay is 
desired. The pulse shaper waveforms are shown in Fig. 
3-24 (b). 


Fig. 3-24 Gate Delay/Pulse Shaper Waveforms 
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3-5 Controllers 

In electronic music the term controller can be applied to any 
device which is uwd to controt another device, the envelope 
generator is a coniroller because it is commonly used to 
control other devices, such as a VGA. When a VCO is used to 
modulate s secbffd VCO, the fim VCO becomes a <s>ntroIIer. 
The sample and hold is a controller. The keyboard controller 
could perhaps be considered the most common controller 
used with the synthesizer. In this seelidn m shall brtefty 
consider e few other types of controllers. 

Many synthesizer keyboards Include an auxiliary controller 
which is usually called a bender. Fig, 3-25 shows a bender. 
With the bender at its n©rm&! center-off position, the output 
at the BENDER output jack is 0 volts. If the bender is moved 
to the right, the output voltage will Increase to a maximum 
Of +5 volts. Movement to #te Jaft produces a negative voltage 
which can go as low as —5 volts. One of the more common 
uses of the bender is to connect the BENDER output to a 
VCO control Input to create manualfy eantmited pitch 
bending effects. The bender could also be connected to a 
VCF for manually controlling tone color, or to a VGA for 
creating accents. There Is a similar type of contraller ciflted a 
ribbon controller which consists of a length of metallic film 
which outputs a control voltage when touched with a finger. 
The lever of the voltage will 1» proportienai to the distance 
between the finger and the left end of the ribbon. If the 
finger is placed at the left, then moved towards the right, 
the cdntrol voltage output will slide from e low value to a 
high value. 


FiB> 3^5 Bdhder Lever 



Bender Lever 
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The joy stick controller can be thought of as a two- 
dimensional bender lever which can be moved to the left 
and right {"x" axis), or bacl<ward and fonward ("/" axis), 
or in any combination of these directions, as shown in Fig. 
3-26. Fig. 3-27 shows a three-dimensional joy stick which can 
also be moved up and down {"z" axis). E«ch axis can be 
assigned to control a specific parameter. With the three- 
dimensional joy stick, it is possible to simultaneously control 
the pitch, tone color, and loudness of a sound. 



The foot volume control pedal (such as the Roland FV-2) 
can also be used as a synthesizer controller. Fig. 3-28 shows 
how to connect such a pedal to form a foot-controlled 
variable voltage source which can be used to control pitch, 
tone color, or loudness. Fig. 3-29 shows how loudness 
(dynam ics) can be thus controlled , Tone color can be 
controlled by substituting tiie san^ple and hold input to the 
VCF 0# Rg. 3-11 with the v^ilt^ output from the foot 
pedat. 


Fig. 3-28 Using a Foot Volume Pedal as a Controller 
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The analog sequencer Is another common type of controller 
used with the synthesizer. Fig. 3-30 shows a two-channel 
sequencer. The voltage registers determine the voltage output 
for each step in the sequence. When the series output is used, 
it is possible to produce a sequence of from one to sixteen 
steps. When the parallel ©U'ftjut is used, it is possible tet 
produce two voltafle oiUtputs for each step (for two-note 
chords, for exarhple) vtflth from one to eight steps. Fig. 3-31 
shows a simplified block diagram for the sequencer. The 
clock is an UFO which generates a square wave. The series of 
blocks labeled "GATE" form a circuit called a ring counter. 
Only one of the gst«s wi!ll be open at any given instant. Each 
time a clock pulse appwars, the ring counter will shift one 
place to the right. For example, if GATE 2 is open, the 
voltage source will pass through the gate and through the 
STEP 2 voltage register, then to the output. When a clock 
pulse appears, GATE 2 will close and GATE 3 will open, thus 
the voltage at the output will change so that it corresponds 
to the setting of the STEP 3 voltage register. If the dock 
oscittator Is allowed to run ^osntlnuously, the ring counter 
will run in circles so that the secfisence repeats itself. The 
most obvious use for the sequencer would be to run a 
melodic pattern suish as an arpeggio, in which case the CV 
output would be used to control a VCO and the clock 
output would be used to triggaf an envelope generator. 


Pis. 3-30 Ahalf^Set^uencer Slagram 
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Fia, 3-31 Analog Sequencer Simplified Block Dlasram 
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The control of a synthesizer by means of a computer gives 
the musician complete and absolute control over the music 
being produced. There are two basic approadws to omiputer 
control. The first is to use a computer especially designed for 
the control of a synthesizer, such as the Roland MC-4 Micro- 
Composer {Fig. 3-32). The second method is to adapt an 
ordinary computer to this type of control. This requires 
intimate knowledge of computer programming, and usually 
involes the use of custom-made interface devices for con- 
verting the output of the computer into control voltages 
and pulses for controlling the synthesizer. 


Fig. 3-32 Roland MC 4 MirroComposer (Computer Controller} 
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4-1 Introduction 

The voltage controlled filter, being a dynamic filter, is most 
often used for contrtJtting disnges whii* oddur ih tarn mi&t 
during the production of notes. It must be remembered that 
most sound sources also contain tone color elements which / 
remain relatively constant, su^ ias those ln^O£(uc»d f*tt&'8 
sound by the body of a musical instrumefll This is why, in 
trying to reproduce many kinds of souAdl$.:rnsny synthesized 
sounds seem inadequate unless one is striving for ptirely 
electronic sounds. Imitation of acoustic instruments, vwhether 
real or imaginary, often demands more than just the syn- 
thesizer elements discussed so far. 

iVIost of the devices to be discussed in this Chapter al% used In 
conventional music studios as effects devices, or as correc- 
tive devices to compensate for some fault in the recording 
chain. In electronic music, of course, these devices can serve a 
similar purpose, but in this chapter we shall look at these 
devices primarily as aids to synthesis. 

4-2 The Graphic Equalizer 

In the conventional music studio the graphic equalizer Is 
used, more often than not, as a corrective device. Most 
literature on the subject seems to take a justifiably conserva- 
tive attitude on their use, the idea being that if we have to 
use equalization to make a flute sound like a flute, something 
must be wrong somewhere in the recording chain, In some 
cases, equalizers can be very useful, As one example, equali- 
zation can help to clarify instrumental voices in a "muddy" 
passage, but still it Is very easy to contract "equalization 
fever" in which equalization is applied to everYth:i:ngi.|tbun- 
dantly and with abandon so that the tacording no longer 
resembles what Wa?iariginally desired. 

In electronic music we may, more or less, ignore the 
conservative attitude of conventional music recording studios 
because the graphic equalizer is a very important tool in the 
process of synthesis. It is so important, in fact, that the 
graphic equalizer can be considered second only to a rever- 
beration unit on the list of priorities for accessories for 
the new electronic music studio. Nevertheless, "equalization 
fever" Is still easy to contract and care should be taken not 
to overdo It. Too much of a good thing is still too much. 
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Fig. 4*1 Greqahic EqualiziBrs 
® Boss GE-10 (10 Bands) 




Fig, 4-1 shows serne: graphic eq;UaIizefs. the name graphic 
equalizer comes ffom tb& faet that wheti the slider* on the 
frortt panel are' set, they give a graphic representation of the 
frequency response produced by those settings. The block 
diagram of Fig. 4-2 shows that this variable frequency 
response is obtained by means of a group of band pass/reject 
filters {pass or reject, depending on whether the slider is up 
or down] in parallel. 

Fig. 4-3 shows how a graphic equalizer can be connected to 
become a part of the synthesis chain. Often it makes little 
difference whether the equalizer comes before or after the 
final VGA, but if the higher frequency bands are set for high 
levels, the equalizer will have a tendency to generate more 
noise than normal, thus the arrangement in (a) may prove 
better. Fig. 4-4 shows four sample settings. These settings can 
be used for Improving the quality of the string sounds of Fig. 
2-2. 

A parametric equalizer is an equalizer in which the center 
frequency of each bend and the band vvldth are adjustable, 

as well as the fiequoncy levels. With the graphic equalizer we 
must be satisfied with adjusting the level of the frequency 
closest to the desired point, whereas with a parametric 
equalizer, it is possible to fine tune each band to exact 
frequencies. 
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Fig. 4-4 Typical Equdizer Settings for String Sounds 
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4-3 The Vocoder 

In 1939, H. Dudlay announced a band width compression 
device for use in telecommunication systems. The present 
day vocoder is based on the prfnclple of this device; 

The vocoder requiwstwo inputs: the carrier input (sometimes 
cailed the replacement or excitation input signal) and the 
program input. The program input is sometimes called the 
speech input because it often consists of spol<en or sung 
Vtfords. This input is broken down and analyzed by the 
vocoder circuits, then reconstructed using the carrier input 
for raw material. The result is that the carrier will take on 
the qualities of humw ^jeech or singlf)| while retaining the 
original pitch and tone color charactSr dt the carrier. Por 
example, if the cafffer Iftput Is a recording of a dog barking, 
the dog will seem to< u\k. If the carrier input consists of 
raGorded streiet hoisas, tha traffic will seem to t«ik. 

Fig. 4^B iihbvire how the vocoder works. The vocoder circuits 

consist of two major sections: the analyzing section and the 
synthesizing section, The program or voice input is analyzed 
by passlrtg it through a series of band-pass filters, as shbwn 1h 
the analym section on the left side of the diagram. The 
envelope follower is a circuit which outputs a control voltage 
whose level H prepoftlonai to the level of the audio signal at 
its input. The output of the analyzer section is a set of 
control voltages whose levels are proportional to the levels 
of the signals being passed by the band-pass filters. As an 
example, the sound [ee] consists primarily of higher frequen- 
cies, thus the control voltage levels will be higher for the higher 
frequency bands than they wW\ be fot the lower bands. On 
the right side of the diagram, the synthesizer section of the 
vocoder also contains a series of band-pass filters which are 
used to divide the carrier itfput irttd separate bands. The 
outputs of these filters are passed through VGA's, then 
mixed for the vocoder output. The control voltages from the 
analVzing sectfon are used to contrdi the VGA's in the 
synthesizer section. With the [ee] sound, the control voltages 
from the analyzing section that represent higher frequencies 
will be higher than those oDntrol voltages representing lower 
frequencies thus opening partially or completely those 
synthesizer section filter VGA's associated with the higher 
fretluenGles. By this meahd, the original voice Is reconstructed 
using the tone color material from the carrier input. The 
sound of the instrument used as the carrier input will seem 
to speak or pronounGe the [ee] sound. I^ean lmmedlaitaly be 
seen that except for special effects, the carrier input must be 
a sound rich in harmonics, otherwise there will not be 
enough raw rtts^rial from Wftfeh to completely reconstruct 
the program input. Also, the pitch of the carrier must be low 
enough to provide the low frequencies which are needed to 
build the new sound. 
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Fig. 4-5 Vocoder Block Diagram 
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Most carrier inputs will not contain enough of the higher fre- 
guencies to reproduce accurate consonant sounds such as the 
HmiRS of «n » soynd. The Mgh^asis filter at the top &f R^. 
4*5 is sfl^ ;so that it passes these higher hissing sounds directly 
to tile ff&Eoder output, thus producing speech effects in 
which ihe woixis are more easily understood. 
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Phase Shifters and Flangers 

Phase shifters and flangers (audio delay lines) are more often 
thought of as effects devices, but they can sometimes be 
used in the synthesis of sounds wilJh la complicated spectrum. 
To better understand them, however, we should first look at 
^em as effects devices. 

The first such effects produced in recsordlng studios were 

produced by feeding an audio signal to two tape recorders 
and mixing the outputs from the playbacl< heads. When a 
light finger pressure is applied to the supply reel on one of 
the machines, it will run slightly slower, thus giving a slight 
delay to one of the outputs. When this slightly delayed sound 
is mijted with the noh^elayed souild; the fesblf is "that 
certain frequencies will be cancelled. The effect is similar 
to the effect which can be heard when standing near a 
runway as a Jet phm takes off. Certain frequencies are 
cancelled as the direct sound from the plane is combined 
with the delayed sound reflected from the runway. The 
airiourtt of delay changed as the plane hioves off Into 'the 
distance. In the studio, this effect is known as flanging 
because it was first produced by finger pressure applied to 
the f lage of a tape reel. 

In earlier attempts to eieictronicadv imitate flanglhg effigets, 
electronic phasing systems were used. In these, the sound is 
passed through a series of phase shift networks, then com- 
bined with the original sound. The number of cancellatfons 
which occur due to this combination depends on the number 
of phase shift networks used. The frequency ratios between 
the cancellations are a result of cfreuit constants and retain a 
constant harmonic relation when the cancellations are shifted 
up and down. The result, then, is not the same as flanging, 
but in more recent times phasing his 'become ac&sptsU as « 
very useful effect in lis oWft tight 

Modern digital technology has made it possible to design 
solid state delay lines which more closely resemble the 
original tape f tangir^:ie%cts. 

The block diagram In Irtg, A-J can represent c^tKer a phase 

shifter or a flanger, depending on whether the block in the 
center of the diagram is a phase shift network or an audio 
delay line. The ^fft/delay control Is usually a low frequency 
sine wave oscillator. In the electronic music studio, the most 
useful units for synthesis of sound are those which allow 
optional exsternal control of #»e function by means of an 
external control voltage. Fig, 4-8 shows such units. The three 
jacks near the bottom of the panels are for the external 
control input. Fig* 4-9 Shows the phase shifter and audio 
delay designed for the System 100M. At a quick glance, 
phase shifters and audio delays like these seem to be exactly 
alike, but they are dlffererft^ externally in: #iat one has a 
SHIFT FREQUENCY control while the other hasa DELAY 
TIME control. In synthesis, they would be pati^^ into the 
system in exactly the same manner. 
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Fig. 4^ Sys^Tt 100M Phasa Shifter and Audfo Delay 
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Fig. 4-10 (a) shows the frequency response of a typical phase 
shifter. The solid line shows the response with no control 
voltage input and the SHIFT FREQUENCY control set at 
1kHz (note that the highest portion of the center hump 
occurs at 1 kHz). The dotted IfneshfSWs the response when an 
external control voltage of +1 VQ:tt is applied to the control 
input. The entire response curve Is shifted up approximately 
one oc^e. The rmportant pofnt here is that the shape of the 
curve changes very little, if at all, and the distance in pitch 
between each of the peaks and dips remains the same. When 
using the phese shfft as' an efft&t. It '%ndit d^tedttifncm fof 
center hump to sweep between SOHz and 10kHz. Figs. 4-10 
(b) and (c} show what happens to the response cun/p wbiBn 
the RESONANCE eontrbl is used. TH^ result IstHf&t the 
humps and dips become more rounded. At maximum 
resonance, the response curve almost becomes a inversion 
of the normal response curve. To the eaf/^e use if resonance 
enhances the phase shift effect. 


I 


Fta< 4'i0 Phase Shifter FreguNiqy Responsa 

® With Shift FrequsncyCGnttql set at 1kHz. 
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Fig. 4-11 sho%^ tJi* fteiuency response of a typical Mg#f, 
Note that the ^ii?§ {jC$ncii!lations) in the response curve Qccur 
a£ resular ^hmimmy Enteiwals. In Ifie distance between 
any two adjacent dips is approximately 50Hz. In (b), where 
the delay time is different, the dips are separated by 
appfc&cfrtiately 470Hz. In (c) and (d) are shown the effects of 
fesonaiice, which enhances the effect as heard by the ear. 


Fig. 4-1 1 Flanger (Audio Delay) Frequency Response 
® With Delay Time 16mt*' (No 'R6«onane*) 



With Delay Time ^ 2ms {No Resonance) 
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© With Resonance 8t "5" (DbIsV Time = 2ni8) 



Ik 

FREQOENOY 


With Resonance at Maximum (Delay Time ^ 2ms) 



ms = millisecond; 1 millisecond = 0.001 second 
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Fig. 4-12 shows an example of the use of an audio delay unit 
for the synthesis of a solo violin sound. 


Fig. 4-12 SOLO VIOLIN (Audio Delay) 
© BIqck Dtagram 


VCF-1 


HPF 

— »- 




*- OUT 
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® Patch Diagram 
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One of the factors which determines the tone color produced 
by a violin is the speed and pressure of the bow as it passes 
across the string. It follows, then, tfiat the tone color will 
change slightly as the bow changes direction at the top and 
bottom of its stroke. One way this can be imitated is shown 
In Ftg. 4-13 where the output of the envelope generator 
is used to alter the amount of delay produced by the audio 
delay. As an experiment, try this patch with the envelope 
settings shown In 'F%; 4''14. 
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Fig. 4-15 shows what might be termed a "complete" violin 
patch. It uses two VCF's and an audio delay to help produce 
the Gorreia tens color. A foot pedal is used to control the 
loudness of the sound. The loudness, pitch, and envelope all 
affect the tone color. 


Fig. 4-15 Complete SOLO VIOLIN Sound 



Chorus and Echo 

Normally with audio delay effects, the time delay is slowly 
varied over a wide range (typltiaHy from OiS mlltisecohds to 5 
milliseconds) and a high amount of resonance is often used 
to enhance the effect. If, however, the time delay is varied 
over a small faftgeand fto resonance is used, the result kvikm 
is known as a chorus effect. The effect causes the sound of a 
solo instrument to sound like a group of the same instru- 
ments. In a group of instruments Suiih: as the string section 
of an orchestra, it is highly unlikely that each and every 
fnember is playing the exact same pitch; some instruments 
will be slightly flat and othefS sdightty sharp. The overall 
sound, then, extends slightly above and below some average 
pitch to give the sound of the string section a very broad 
feeling. A fixed delay time would merely prodUCT a'SOUFCd'Of 
the same pitch, delayed. Constantly but slightly varying the 
time delay, however, causes slight variations in the pitch of 
the delayed sound. These slight variations, when ntb^ed Wiih 
the original sound, produce the chorus effect. Most flangers 
and audio delay urtfts can generate chorus effects, but there 
are also machines desijinal* ^fiitfcu terry fertile produejiion of 
these effects. 

Echo can also be used very effectively for broadening group 
typil sounds, most notably sustained string sounds. When 
usftd in sustaining legato passages, an echo which follows 
closely behind the original sound tends to double the 
apparent number of instruments in the sound. When the 
pitch changes, the fact that the original pitch remains for a 
second or so in the background further increases the feeling 
of great depth and broadness. The effect is lost, however, in 
quickly moving melodic lines because often the pitches do 
not remain long enough for the echo to "catch up" to them, 
therefore, the original sounds are rarely reinforced by their 
echoes. This in itself, though, can be a desireable effect. For 
example, the complexity of arpeggio passages can be 
Jncre'ased by using ^echo; or, as another example, imagine a 
short quick phrase played using a flute-like sound which is 
followed with a long rest filled with decaying repetitions of 
that phrase. 

The principles of echo and audio delay are exactly the same, 
but echo usually involves very long delays measured in 
s^onds rather than milliseconds. There are two basic 
approaches to ^rtefrailng echo effects electronically: the tape 
echo and the solid state delay line. Fig. 4-T6 shows an 
example of each type. Both of these machines also include 
provisions for gen»T«t|on of chorus fiffeets^ 
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© Roland SDE-3000 (Disital Delay) 



101 Accessories Used in Synthesis 


Fig. 4>t7 sh^^ hcivtf edio is generated. The delay is 
produced by tfehft 'iSfne required for the recorded sound to 
travel between tti9 record head and the playback head. In 
most tape edio machines the tape speed Is variable, or the 
position of the playback head can be changed so that the 
delay time can be set as desired. Many such machines also 
include more than one playback head so that many types of 
echo patterns are possible. An ordinary tape recorder with 
three heads can be used as an echo machine if it is connected 
as shown in Fig. 4-17. This is the method by which electronic 
echo was first generated in recording studios. The main 
disadvantage of using an ordinary tape recorder is that the 
amount of delay is usually limited by the number of playing 
speeds available. Also, unless a special tape loop is made for 
echo purposes, the tape will have to be rewound frequently. 

Solid state echo machines work on exactly the same princi- 
ples, the only difference being that the record-tape-play 
portion of the chain is replaced with a solid state delay line. 
The main advantage to such a system Is that there are no tape 
heads or tape transport to wear out. 


Fig. 4-17 Block Diagram of Tape Echo 


TAPE LOOP 




The level of this input determines the intensity 
of the echos, or number of repetitions. At "0",, 
there will be only one echoed repetition. 


Feedback loop 



The level 0fthliIt!^iit 
ocmWQltthe amoynt of 
Bcho contained In the 
output lound. 


IN > 



OUT 
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Fig. 4-18 shows how an echo machine can be patched 
between the synthesizer and the amplifier (or mixer) input. 
In experimenting witii echo effects, try varying the eSho 
repeat rate (tape speed in tape machines) while the machine 
is actually producing echoes. Varying the rate will cause the 
pitch of the returning echo to vary, which may be effective 
in certain cases. If it were possible to vary the echo rate 
relatively slowly and smoothly up and down at a rate 
comparable to vibrato, the result would be the ehonit effect. 

In discussing chorus Utid edio machines, we hove crossed 
tiie liazy border between synthesis methods and effects. 


Fig. 4*18 Using an Echo Machine 

. , Roland SDE-3000 
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Index to Terms 


Additivd Synthesis, 1 
ADSR, 1 

Amplitude modulation, 37 
'Analog sequencer, 77 
Attack time, 3 
Audio delay, echo, 99 
fisngisr, 86 

Salancsd modutator, 3d 
Bender, 73 
Bias, 49 

Carrier input, vocoder, 83 
Chorus, 99 

Clock, sample and hold, 60 

sequencer, 77 
Computer controller, 78 
Controlter, 73 

Control ler, analog sequencer, 77 

bender, 73 

computer, 78 

digital sequencer, 78 

foot volume control pedal, 75 

jov stick, 74 

MicroComposer, 78 

ribbon, 73 
Control v«!l*is», 1 

Decay tllirte, 3 
Direct synthesis. 1 

Echo, 99 

audio delav, 99 

tape, 99 
Envelope, 3 
Envelope generator, 1 
Equalizer, graphic, 79 

titf ratTietric, 81 
Excitation signal, vocoder, 83 

Flanger, 86 

Foot volume control pedal, 75 
Frequency modulation, 21 

Gate delay, 71 
Gate pulse, 1 

Gi^wl, 29 

High pass filter, 12 
HPF, 12 

Invert fijnction, mlxera, 53 

Joy stick controller, 74 
two-dlmenslpnal, 74 
^i^-dimensldnal, 74 


MicroComposer, 78 
Millisecond, 3 
Mixers, 19, 47 
Modulation, 21 

amplitude, 37 

freoyency, 21 

tuie i^of i 28 
Mulfipttff, 37 

N^i^m, 37 

4-quadrant, 39 

Noise, 63 
pink, 69 

NiSisaiSefi^tor, 63 

Parametric equalizer. 81 
Phase lock:, 18, 24,51 
Ptia A ift^m-, 86 

Pink noise, 69 
Portamento, 63 
Program input, vocoder, 83 
Pulse shaper, 71 

Release time, 3 

Replacement input, vocoder, 83 
Ribbon controller. 73 
Ring modulator, 39 

Sample and hold, 59, 69 

keyboerd, 61 
Sequencer, analog, 77 

digital. 78 
S&H or S/H, 69 
Speech input, vocoder, 83 
Subtractlve synthesis, 1 
Sustain I9wel. 3 
Syrte, VCO^ 16 

with pulse sh^ger, 72 

Tremolo, 37 
Trigger pulse, 6 

VGA, 1 
VCF, 1 
VCO, 1 
Vibrato, 21 
Voooyer.SS 

Voltage controlled amplifier, 1 
Voltage controlled filter, 1 

Voltage controlled oscillator, 1 
Voltage registers, sequencer, 77 


LFO, 23 

Low frequency oscillator, 21 
Low note priority, 6 


